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(57) ABSTRACT 

A method of Synchronizing visual information with audio 
playback includes the Steps of Selecting a desired audio file 
from a list Stored in memory associated with a display 
device, Sending a signal from the display device to a remote 
device to cause the remote device to Start playing the desired 
audio file; and displaying visual information associated with 
the desired audio file on the display device in accordance 
with timestamp data Such that the Visual information is 
displayed Synchronously with the playing of the desired 
audio file, wherein the commencement of playing the 
desired audio file and the commencement of the displaying 
Step are a function of the Signal from the display device. 
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MySong..txt: 

This is the first line 
This is the second line Od 
This is the third line 
This is the fourth line 

eN- O2 
This is the fifth line 
This is the sixth line 
This is the seventh line Cs 
This is the eighth line S. 
Now there are some final words. 

FIG. 8 
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O Timestamped Mysong..txt: 

y 
5 This is the first line it 2 
20 This is the second line -1 
25 This is the third line 
30 This is the fourth line 
35 
41 This is the fifth line 
47 This is the sixth line 
53 This is the seventh line 
59 This is the eighth line 
65 Now there are some final words. 
70 

FIG. (A 

y Timestamped Mysong..txt: 
O 

This is the first line f f2 
This is the second line -1 
This is the third line 
This is the fourth line 

This is the fifth line 
This is the sixth line 
This is the Seventh line 
This is the eighth line 
Now there are some final words. 
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All my ex's live in Texas, 
And Texas is a place 
I'd dearly love to be. 

But all my ex's live in Texas 
And that's why I hang my hat 

in Tennessee. 
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SYNCHRONIZING TEXT/VISUAL INFORMATION 
WITH AUDIO PLAYBACK 

CROSS REFERENCE TO RELATED 
APPLICATION 

0001. This application claims priority to the U.S. provi 
sional patent application identified by Ser. No. 60/278,319, 
filed on March 23, 2001, the disclosure of which is incor 
porated by reference herein. 

FIELD OF THE INVENTION 

0002 The present invention relates generally to provid 
ing timely display of the text of Songs for use in Karaoke 
Systems or the like, and more particularly, to apparatus and 
methods for Synchronizing text and visual information with 
audio playback. 

BACKGROUND OF THE INVENTION 

0003) A number of systems have the ability to illustrate 
the text of a Song on a display device as music playS. A 
conventional display apparatus associated with a Karaoke 
System, for example, typically provides a display device that 
indicates the words of a Song in accordance with recorded 
lyrics data. The lyrics data is recorded in the form of a 
predetermined phrase unit, the Segmental position of which 
is adapted to change an indicated line of the words of a Song 
to another line. 

0004. A problem with Karaoke systems is that they 
require expensive manual editing. Therefore, if a Song is not 
commercially popular enough to warrant the expense of 
creating a text file of the words of the Song, the text file of 
a desired Song may not be available to the user. Further, 
Karaoke Systems are typically not portable, and require large 
Screens. In addition, the presentation of the lyrics is typically 
tailored to a specific display device. Thus, the words of one 
phrase may not be indicated on one line if lyrics data 
produced for use in a specific display device were used for 
another display device (e.g., another display device having 
a smaller Screen). 
0005 U.S. Pat. No. 6,062,867 discloses a lyrics display 
apparatus wherein a display condition of the words of a Song 
on a display device is gradually changed in accordance with 
a progression of a piece of music. The display condition of 
the lyrics is changed based on memorized production timing 
data of each of the Song words in a predetermined amount 
at a predetermined time interval. 
0006 U.S. Pat. No. 6,053,740 provides a lyrics display 
apparatus that memorizes lyrics data including a first line 
change code for defining a predetermined number of words 
to be indicated on one line and a Second line-change code for 
defining a Segmental position of the words indicated on the 
line. 

0007. Notwithstanding the advances in the art, a need still 
exists for an accurate and effective apparatus and method for 
Synchronizing text or other visual information with the audio 
asSociated there with. A further need exists for a display 
device that presents the words of a Song Synchronously with 
the audio version of the words, So the user can follow along. 

SUMMARY OF THE INVENTION 

0008. The present invention synchronizes text or other 
Visual information associated with audio (specifically, 
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music) playback using audio processing technology. The 
invention can take available words or lyrics at the user's 
initiation, Segment Songs to define where the words apply, 
extract the Start and end time of each Segment, assign 
timestamp values to each Segment, and present the words 
Synchronously So the user can follow along. 
0009. The present invention finds particular applicability 
to Karaoke type applications, where the audio file is a Song 
and the Visual information is the text of a Song. Timestamp 
data is assigned to correlate the Visual information with the 
corresponding voice and non-voice Segments. A display 
device is configured to initiate a start Sequence in a remote 
device capable of playing the audio file, and display the 
Visual information Synchronously with the playing of the 
audio file. Furthermore, by providing the visual information 
output on a handheld device, each perSon may have a 
different view, thus making translations convenient as well. 
0010. In one aspect of the invention, a method of syn 
chronizing visual information with audio playback includes 
the Steps of Selecting a desired audio file from a list Stored 
in memory associated with a display device, Sending a signal 
from the display device to a remote device to cause the 
remote device to Start playing the desired audio file; and 
displaying visual information associated with the desired 
audio file on the display device in accordance with times 
tamp data Such that the Visual information is displayed 
Synchronously with the playing of the desired audio file, 
wherein the commencement of playing the desired audio file 
and the commencement of the displaying Step are a function 
of the signal from the display device. 

BRIEF DESCRIPTION OF THE DRAWINGS 

0011 For a better understanding of the invention, refer 
ence is made to the following description of exemplary 
embodiments, and to the accompanying drawings, wherein: 
0012 FIG. 1 is a block diagram illustrating the classifi 
cation of general audio data; 
0013 FIG. 2 illustrates waveform segments from a num 
ber of different types of audio signals, 
0014 FIG. 3 is a block diagram illustrating the organi 
Zation of tools for audio feature extraction; 
0015 FIG. 4A is a chart illustrating two-dimensional 
partitioned space; 
0016 FIG. 4B is a block diagram illustrating a decision 
tree corresponding to FIG. 4A; 
0017 FIG. 5 illustrates an audio signal at various stages 
of a pause detection process, 
0018 FIG. 6 illustrates the segmentation process in 
accordance with the present invention; 
0019 FIG. 7 is a graphical representation of speech and 
non-speech portions of a Song; 
0020 FIG. 8 illustrates the text of a sample song; 
0021 FIGS. 9A and 9B illustrate the text of a sample 
Song along with a corresponding version of an associated 
timestamp file; 
0022 FIG. 10 is a flow diagram illustrating a general 
Overview of the timestamp generation proceSS in accordance 
with the present invention; 
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0023 FIG. 11 is a flow diagram illustrating various input 
elements that may be used as a basis for performing a 
timestamp generation process in accordance with the present 
invention; 
0024 FIG. 12 is a graphical representation illustrating an 
adjustment to timestamp values, 
0025 FIG. 13 illustrates a handheld display device for 
use in accordance with the present invention; and 
0.026 FIG. 14 is a flow diagram illustrating a method of 
Synchronizing text and/or visual information with audio 
playback in accordance with the present invention. 

DETAILED DESCRIPTION OF THE 
INVENTION 

0027. The present invention provides an effective method 
of Synchronizing text or other visual information associated 
with audio playback using audio processing technology. 
According to one aspect of the invention, an audio file is 
Segmented into voice and non non-voice Segments, to 
improve Synchronization between Visual information asso 
ciated with the audio file. 

0028. The following description is organized as follows. 
First, a background discussion is provided of various tem 
poral and Spectral domain features used in the classification 
of audio signals. Thereafter, a Separate description is pro 
Vided for each of the various processing Steps performed by 
the audio class system 40 of FIG. 1. 
0029 More specifically, the exemplary audio class sys 
tem 40 consists of a feature extraction Step 42, discussed 
below in conjunction with FIGS. 2 and 3, a pause detection 
step 44, discussed below in conjunction with FIGS. 4A, 4B 
and 5, an audio Segmentation Step 46, discussed below in 
conjunction with FIG. 6, and an audio Segment classifica 
tion step 48, also discussed below in conjunction with FIG. 
6. 

0030 Finally, the description is concluded with a discus 
Sion of Synchronizing text and Visual information with audio 
playback. 

Temporal and Spectral Domain Feature 
Terminology 

0031 Referring initially to FIGS. 2 and 3, the tool for 
calculating short-time average energy is referred to as 
AVgEnergy. The equation for AVgEnergy is expressed as: 

Ew = w). S(i)S(i) w(n - i), 

where 

otherwise 

0032 W is the size of the processing window, and S(i) is 
the discrete time audio Voice. 

0033. The spectral centroid, like the following several 
Spectral features, is calculated based on the short-time 
Fourier transform, which is performed frame by frame along 
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the time axis. Let Fi={f(u)}o represent the short-time 
Fourier transform of the ith frame, where M is the index for 
the highest frequency band. The Spectral centroid of frame 
i is calculated as: 

i 

Xu fi(u) 
i 

2, f(a) 

0034) The bandwidth of the FFT of frame i may be 
calculated as: 

i 

X(u – c.). If (u) 
b = it=0 

i 

2, f(a) 

0035) Spectral Rolloff Frequency (SRF) is normally very 
high for low-energy, unvoiced speech Segments and much 
lower for Speech Segments with relatively higher energy. 
Music and noise, however, do not have a similar property, 
which makes this feature potentially useful for discrimina 
tion between Speech and other types of audio Voices. The 
definition of SRF is given as: 

SRF = made 

0036) where TH is a threshold between 0 and 1. 
0037 Although band energy ratio (BER) may be defined 
in different ways, there is essentially not much difference 
between the various definitions. BER is calculated as: 

0.038 where h=M/4. 
0039) Delta spectrum magnitude is a very suitable feature 
for a speech/music discriminator. It is given as: 

0040 Zero-Crossing Rate (ZCR) is a correlation of the 
Spectral centroid. It is defined as the number of time-domain 
Zero-crossings within the processing window. 
0041. The knowledge of pitch contour is used in many 
applications Such as Speaker identification, Speech analysis, 
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and audio information retrieval. Among the many available 
pitch detection algorithms, the classical autocorrelation 
based pitch tracker will be utilized due to its robustness. To 
avoid most of the unnecessary time-consuming autocorre 
lation calculations and to optimize the detection accuracy, a 
Series of modification Strategies are adopted in the pitch 
detection approach. 

0.042 Various combinations of thirteen temporal and 
Spectral features using Several classification Strategies have 
been evaluated. These evaluations report a classification 
accuracy of over 90% for a two-way speech/music discrimi 
nator, but only about 65% for a three-way classifier that uses 
the same Set of features to discriminate Speech, music, and 
Simultaneous speech and music. CepStral-based features, 
which are widely used in the Speech recognition domain, 
have also been investigated. Autocorrelation of the Mel 
cepstral (AC-Mel) parameters are Suggested as Suitable 
features for the classification of StreSS conditions in Speech. 
Using fourteen mel-frequency cepstral coefficients (MFCC), 
audio data may be classified into Seven categories. The 
categories are: Studio Speech, field Speech, Speech with 
background music, noisy Speech, music, Silence, and gar 
bage, which covers the rest of audio patterns. 
0.043 Audio classification system 40 processes an audio 
Signal to Separate the audio Signal into Segments of various 
categories. The Seven audio categories for continuous GAD 
used in conjunction with the present invention System con 
sist of Silence, Single Speaker Speech, music, environmental 
noise, multiple Speakers’ Speech, Simultaneous speech and 
music, and Speech and noise. The environmental noise 
category refers to noise without foreground Sound. The 
Simultaneous speech and music category includes both Sing 
ing and Speech with background music. Exemplary wave 
forms for the seven categories of GAD considered by the 
present invention (other than silence) are shown in FIG. 2. 
0044) To facilitate an easily reusable and expandable 
design, and to make the task of feature evaluation easier, an 
auditory toolbox 20, illustrated in FIG. 3, was developed. 
The auditory toolbox 20 may have more than two dozen 
tools. Each tool is responsible for a single basic operation 
that is frequently needed during the analysis of audio data. 
By using the toolbox 20, many of the troublesome tasks 
related to the processing of Streamed audio data, Such as 
buffer management and optimization, Synchronization 
between different processing procedures, and exception han 
dling, become transparent to users. Operations that are 
currently implemented in the toolbox 20 include frequency 
domain operations, temporal-domain operations, and basic 
mathematical operations, Such as short-time averaging, log 
operations, windowing and clipping. Since a common com 
munication agreement is defined among all of the tools, the 
results from one tool can be shared with other types of tools 
without any limitation. Tools within the toolbox can thus be 
organized in a very flexible way to accommodate various 
applications and requirements. 

Feature Extraction 42 

004.5 FIG. 3 illustrates an exemplary arrangement of 
tools used for the extraction of Six Sets of acoustical features 
during the feature extraction step 42 (FIG. 1). This arrange 
ment of tools includes MFCC 22, Linear Prediction Coef 
ficients (LPC) 24, delta MFCC 26, delta LPC 28, autocor 
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relation MFCC 30, and several temporal and spectral 
features. It is noted that the acoustical features that are used 
in the Succeeding three StepS 44, 46, 48 are extracted frame 
by frame along the time axis from the input audio raw data. 

0046) The MFCCs 22 are extracted using the discrete 
cosine transform (DCT) of filter-banked fast Fourier trans 
form (FFT) spectra. The calculations are performed frame 
by frame on the windowed input data along the time axis. 
Several types of windows are available including Square and 
Hamming windows. 

0047 The extraction of LPCs 24 is implemented using 
the autocorrelation method. At each processing Step, twelve 
coefficients are extracted. 

0048. The Delta MFCC 26, Delta LPC 28, and autocor 
relation MFCC 30 features provide quantitative measures to 
the movement of the MFCC 22 or LPC 24. They have been 
adopted in Some applications in the Speech domain. The 
definitions for these features are given as follows: 

AMFCC(v)=MFCC, (v)-MFCC,(v), 

ALPC (v)=LPC, (v)-LPC (v), 

0049) 

i 

ACMFCC'(y) = IX (MFCC(y). MFCC, (v)), 

0050 where MFCC(v) and LPC(v) represent the vith 
MFCC and LPC of frame i, respectively. L is the correlation 
window length. The SuperScript 1 is the value of correlation 
lag. 

0051 Based on the above acoustical features, many more 
features that are used in the classification of audio Segments 
can be further extracted by analyzing acoustical features of 
adjacent frames. 

0052 According to experimental results, these features, 
which correspond to the characteristics of audio data over a 
longer term, e.g., 600 ms, are more Suitable for the classi 
fication of audio Segments. The features used for audio 
Segment classification include: (i) the means and variances 
of acoustical features over a certain number of Successive 
frames centered on the frame of interest; (ii) pause rate (the 
ratio between the number of frames with energy lower than 
a threshold and the total number of frames being consid 
ered); (iii) harmonicity (the ratio between the number of 
frames with a valid pitch value and the total number of 
frames being considered); and (iv) Summations of energy of 
MFCC, delta MFCC, autocorrelation MFCC, LPC and delta 
LPC. 

Pause Detection 44 

0053 Pause detection 44 is responsible for separating the 
input audio clip into non-voice Segments and Voice Seg 
ments. Here, the pause means a time period that is judged by 
a listener to be a period of absence of Sound, other than one 
caused by a stop consonant or a slight hesitation. It is thus 
very important for a pause detector to generate results that 
are consistent with the perception of human beings. 
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0054) A three-step procedure can be implemented during 
step 44 for the detection of pause periods from GAD. 
Specifically, the exemplary pause detection process 44 con 
Sists of (i) partitioning each frame of audio data as a voice 
or a pause, followed by (ii) a fill-in process, and (iii) a 
throwaway proceSS. Based on the features extracted by the 
toolbox during Step 42, the input audio data is first marked 
frame-by-frame as a voice or a pause frame to obtain raw 
boundaries. The frame-by-frame classification may be done 
using a decision tree algorithm illustrated in FIG. 4B. The 
decision tree is obtained based on the hierarchical feature 
space partitioning method. In FIGS. 4A and 4B, the parti 
tioning result for a two-dimensional feature Space and its 
corresponding decision tree for pause detection are illus 
trated. Since the results obtained in the first Step are usually 
Sensitive to unvoiced Speech and slight hesitations, a fill-in 
proceSS and a throwaway proceSS are then applied in the 
Succeeding two Steps to generate results that are more 
consistent with the human perception of pause. 
0.055 During the fill-in process, a pause segment, that is, 
a continuous Sequence of pause frames, with a length leSS 
than a fill-in threshold is relabeled as a voice Segment and is 
merged with the neighboring voice Segments. During the 
throwaway process, a Segment labeled Voice with a Strength 
value Smaller than a threshold strength value is relabeled as 
a non-voice Segment. The Strength of a voice Segment is 
defined as: 

E. . . 

Strength = met. X y 1 

0056 where L is the length of the voice segment and T 
corresponds to the lowest voice level shown in FIG. 4A. The 
basic idea of defining Segment Strength, instead of using the 
length of the Segment directly is to take Voice energy into 
account So that Segments of transient Sound bursts will not 
be relabeled as non-voice during the throwaway process. 
0057 FIG. 5 illustrates the three steps of the pause 
detection algorithm. Four different line charts are illustrated 
in FIG. 5. Chart 62 illustrates the raw audio input signal as 
it is received from the Source. Chart 64 illustrates a normal 
ized version of the raw data wherein Sections of Strong audio 
Signals are represented by a Square wave. In chart 66, the 
Square waves were evaluated as a whole and adjacent 
Squares with minimal Separation were combined. Next, 
proceeding from chart 66 to 68, the Strength of each par 
ticular audio signal was evaluated and the one peak in the 
center of chart 66 was eliminated Since the audio signal was 
weak. 

0.058 As described above, the pause detection stage 44 
yields two kinds of Segments: Voice and non-voice. The 
non-voice Segments do not need any further processing 
because they are already classified. The Voice Segments, 
however, need additional processing to mark the transition 
points, i.e., locations where the category of the underlying 
Signal changes, before classification. 

Segmentation 46 
0059) To locate transition points, the segmentation 
Scheme 46 uses a process of two Successive Steps: break 
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detection and break merging. During the break detection 
Step, a large detection window over the Voice Segment is 
moved and the average energy of different halves of the 
window at each sliding position is compared. This permits 
detection of two types of breaks: 

Onset break: if E - E > Thi 
Offset break: if E - E > Th; 

0060 where E and E are average energy of the first and 
the second halves of the detection window, respectively. The 
onset break indicates a potential change in audio category 
because of increased signal energy. Similarly, the offset 
break implies a change in the category of the underlying 
Signal because of lowering of energy. Since the break 
detection window is slid along the Signal, a Single transition 
in the audio category of the underlying Signal can generate 
Several consecutive breaks. The merger of Such a Series of 
breaks is accomplished during the Second step of the Seg 
mentation process. During this Step, adjacent breaks of the 
Same type are merged into a single break. An offset break is 
also merged with its immediately following onset break, 
provided the two are close to each other. This is done to 
bridge any Small gap between the end of one signal and the 
beginning of another Signal. 
0061 FIG. 6 provides an illustration of the segmentation 
process 46 through the detection and merger of Signal 
breaks. The classifier parses a continuous bit-stream of audio 
data into different non-overlapping Segments Such that each 
Segment is homogenous in terms of its class. A Segmenta 
tion-pooling Scheme is an effective way to reduce the border 
effect and to generate classification results that are consistent 
with human perception. Since the transition of audio from 
one category into another can cause classification errors, the 
Segmentation-pooling Scheme provides an effective way to 
reduce Such errors. The Segmentation part of the Segmenta 
tion-pooling Scheme is used to locate the boundaries in the 
Voice Segments where a transition from one type of audio to 
another type is taking place. This part uses the onset and 
offset measures, which indicate how fast the Voice is chang 
ing, to locate boundaries in the Voice Segments of the input. 
The result of the Segmentation processing 46 is to yield 
Smaller homogeneous voice Segments. The pooling compo 
nent of the Segmentation-pooling Scheme is used at the time 
of classification 48. It involves pooling of the frame-by 
frame classification results to classify a Segmented Voice 
Segment. 

Audio Segment Classification 48 
0062. In order to classify an audio segment, first each and 
every frame of the Segment is classified. The frames are 
defined by a sliding window 70 which is gradually moved 
along the energy waveform 72 created by the Signal, as 
shown in FIG. 6. Next, the frame classification results are 
integrated to arrive at a classification label for the entire 
Segment. The integration is performed by a pooling process 
which counts the number of frames assigned to each audio 
category. The category most heavily represented in the 
counting is taken as the audio classification label for the 
Segment. The features used to classify a frame not only come 
from that frame but also from other frames as mentioned 
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above. The classification is performed using a Bayesian 
classifier under the assumption that each category has a 
multidimensional Gaussian distribution. The classification 
rule for frame classification can be expressed as: 

c=arg mine-1,2. 
1n(p)}, 

0.063 where C is the total number of candidate categories 
(in this example, C is 6). However, in a preferred embodi 
ment, the total number of candidate categories is two. The 
first represents “voice” (words or singing). The Second is 
“not voice” (any signal other than Voice Such as instrumen 
tal, noise, Silence, etc.). c is the classification result, X is the 
feature vector of the frame being analyzed. The quantities 
m, S, and p represent the mean Vector, covariance matrix, 
and probability of class c, respectively, and D (x, m, S.) 
represents the Mahalanobis distance between X and m. 
Since me, S., and p are unknown, these are determined 
using the maximum a posteriori (MAP) estimator. 
0064. The classification algorithm uses a minimum incre 
ment of time (e.g., Second) to define the most likely classi 
fication. This reduces the number of transient classifications 
that could possibly occur with Shorter increments. In 
essence, the classification algorithm is a Smoothing function. 
0065 Speech mapping is the process whereby the input 
text is mapped over the identified Speech-Segments. The text 
is ideally available with an extra blank line where the major 
pauses occur, Such as at the end of each verse. In the 
example of FIG. 7, there are two speech segments, S1 and 
S2. The user has entered the text 100 as in FIG. 8, with a 
blank line 102 showing the end of each verse. The words 
will then be timestamped as in FIGS. 9A or 9B, as will be 
described in further detail below. 

0.066. In the simplest case, the number of “paragraphs’ 
will match the “has-Speech” Sections of the Song, as illus 
trated in FIG. 7. Thus, the “timestamps” for viewing each of 
the lines within the verse will be provided in a linear fashion. 
The timestamp denoting changes in classification will define 
the end of one category and the beginning of another. At the 
end of the Song, it is desirable to have a timestamp with a 
blank text or a textual indicator Such as, e.g., "-- the end ~,” 
to clear displaying Screens. If the text is entered without 
blank lines, then the text is distributed linearly over the 
available speech-Segments. 
0067 Exemplary timestamp files are illustrated in FIGS. 
9A and 9B. The timestamps 110 (commonly measured in 
seconds) of FIGS. 9A and 9B are illustrated to the left of the 
text 112 of the song. 
0068. The timestamps 110 in FIG. 9A are shown as 
actual elapsed time. That is, Since the first timestamp value 
is fifteen (15), at fifteen seconds after the start of Mysong, 
the first line of text will be displayed. The first line will be 
displayed for five Seconds, i.e., from an elapsed time of 
fifteen seconds to an elapsed time of twenty seconds. When 
the elapsed time equals twenty (20) Seconds, the Second line 
of text will be displayed. The remaining lines of the Song 
will be displayed Sequentially according to the remaining 
timestamp values. 
0069. In an alternative embodiment, the timestamps 110 
in FIG. 9B are illustrated as delay (dwell) times. Although 
the results will be the Same, in this case there is a blank line 
displayed for ten Seconds and then the display of the first line 
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of text is delayed for five Seconds. For Systems that operate 
with a “display, then delay” loop, the times are better 
computed as delayS. So they can be used immediately. 
0070 The timing of the display of the text will be 
different depending upon the capabilities of the display unit. 
That is, if a verse is too long, or the Screen length is too short, 
then a full Screen cannot be displayed, and the accumulated 
delay (i.e., the Sum of the delays) is now equal to the 
amount of time delayed before proceeding to the next page 
if the words are presented in a full page at a time. 
0071. Several techniques may be employed to determine 
the timestamp information in accordance with the present 
invention. Referring initially to FIG. 10, there is shown a 
flow diagram illustrating a general Overview of a timestamp 
generation proceSS in accordance with the present invention. 
0072 There are two basic activities associated with gen 
erating a timestamp file. The first is to retrieve the music 200 
and Segment it into relevant categories. The Second is to 
retrieve the text 210 associated with music 200 and option 
ally pattern the text. The music 200 is then matched to the 
text 210 via timestamp generator 220 to form a timestamp 
file 230. The timestamp file 230 can be generated once, and 
then optionally shared with other users (e.g., via the Inter 
net). The timestamp file 230 is loaded into a device having 
a display, referred to herein as display System 240. 
0073. When a song is selected, the display system 240 
displays the text 210 in synchronization with the music 200. 
The display system 240 may be, for example, the Pronto TM 
display, which is manufactured by Philips Electronics. The 
Pronto TM transmits an infrared radiation (IR) command to 
Synchronously Start the display Sequence along with the 
music and text. The Synchronous start capability permits 
control of a separate, pre-existing remote device, Such as, for 
example, a compact disk (CD) player, but with the words 
displayed on the Pronto TM. This is advantageous because the 
Synchronous display of the text may be achieved without 
purchasing a new playing System. 
0074 There are many means for providing the text of 
music to the timestamp generation proceSS. Preferably, a text 
file of words is provided. The means to deliver the text 
include delivery mechanisms to read data, manual entry, 
transfer by network, wireleSS transmission, removable Stor 
age technology and other means known to one having 
ordinary skill in the art. For example, lyrics may be deliv 
ered by reading and Storing lyrics from data tracks on 
CD-Rom, data delivered via RDS FM subcarrier, pager, 
embedded in digital television transmissions, data retrieved 
from the Internet, data typed manually by a perSon listening 
to the music, by transfer of data via removable media Such 
as SmartMedia, CompactFlash memory cards or memory 
StickS. 

0075 Timestamp generation can be as simple as assign 
ing each word a timestamp value based on the total duration 
of the Sentence or paragraph. AS more characterizing infor 
mation becomes available, this proceSS can also provide 
more accurate timestamp information. 
0076 Complicated applications of the timestamp process 
in accordance with present invention, Such as the analysis of 
musical lyrics, are preferably performed on computers. 
Simple timestamp generation does not require a computer. 
The results may then be posted and shared on a Server via an 
Internet Service provider. 
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0.077 Parsing and text segmentation are two techniques 
that may be used to Segment lyrics into Sentences or para 
graphs according to various indicators, Such as, e.g., differ 
ent Symbols or spaces between words. Alternatively, a 
Syntax mechanism Such as is used in compiler technology 
may be used to map the paragraphs to the classification 
timestamps. This would allow the use of punctuation to 
guide the timing further. 
0078. It is also contemplated that with an inexpensive 
integrated circuit chip to Support it, the timestamp genera 
tion process may also be performed directly by music 
players. 

0079 Referring now to FIG. 11, a flow diagram illus 
trating various methods that may be used as a basis for 
performing the timestamp generation process 154 in accor 
dance with the present invention is shown. 
0080 When using only text segments 146 and voice/non 
Voice Segment timing information 140, the algorithm for 
determining the timestamp values may be expressed as 
follows: 

(S - E). i 
-- 

0.081 where T is the timestamp for word i in the segment 
for which timestamps are being generated; S and E are the 
Start and end times for the segments that are obtained from 
a music analysis; and N is the total number of words in the 
Segment. 

0082 The pronunciation dictionary segment 150 allows 
the timestamp values to be generated more accurately by 
counting the number of syllables instead of words. In that 
case, N is the total number of syllables and i is the number 
of syllables before the current word. 
0.083 Utilizing the note transcription of music segment 
148 allows the timestamp values to be generated more 
accurately by counting the number of full notes that have 
passed from the beginning of the Segment (only counting the 
full note itself will not be accurate since the notes do not 
normally represent the introduction and transition of music 
Segments i.e., those segments of music without voice), 
which can change greatly from version to version. There 
fore, in this case, N becomes the number of full notes in the 
segment and i is the number of full notes before the current 
word. 

0084. With the assistance of automatic speech recogni 
tion software (ASR), it is possible to detect keywords that 
appear in the music. 
0085. The tempo and keyword techniques 142 and 144, 
respectively, may be used to Verify and revise the results 
obtained above utilizing other methods. For instance, the 
tempo and full notes methods can detect how long the Voice 
Segments can take and the remaining Segments are assumed 
to be non-voice Segments. 
0.086 Use of a particular method is optional and depends 
on the application requirements and resource availability. 
For instance, when implementing the timestamp generation 
proceSS 154 on a Small chip, it is preferred that a simple 
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algorithm is utilized and that the methods 142,144, 148, 150 
illustrated in dashed boxes are not required. However, if 
resource availability is not a concern and the goal is to 
generate information as accurately as possible (e.g., for an 
Internet Service provider or for automatically generating 
commercial Karaoke compact disks) methods 142,144, 148 
and 150 may be required. 
0087 FIG. 12 illustrates a method for refining the times 
tamp data to ensure that it corresponds with the actual words 
of a Song. AS shown, the keyword locations which are 
extracted from the Song in accordance with method 144 
illustrated in FIG. 11 are checked to determine whether they 
correspond to actual keyword locations in the transcript. If 
the keyword location in the timestamp data does not accu 
rately match the actual location of the keyword in the 
transcript, the timestamp data may be shifted accordingly. 
0088 More specifically, FIG. 12 illustrates three bars 
that indicate music/voice (also referred to herein as non 
speech/speech) segments of a Song. Bar 160 simply refers to 
the raw data of the Song being analyzed. Bar 162 illustrates 
the mismatch between the actual keyword location and the 
keyword position extracted by the timestamp generation 
process. The actual locations of keywords K1 and K2 are 
illustrated by the dashed vertical lines 166 and 168, respec 
tively. Vertical lines 170 and 172 illustrate the locations of 
the keywords K1 and K2 according to the timestamp data. 
Thus, to improve the accuracy of the timestamp data, the 
locations of keywords K1 and K2 must be adjusted in the 
directions of the arrows illustrated in FIG. 12 with reference 
to bar 162. Bar 164 illustrates the final result of the adjust 
ment process. Thus, the timestamp data for keywords K1 
and K2 correspond to the actual K1 and K2 positions 
identified as 174 and 176, respectively. 
0089. Once there are accurate timestamps associated with 
each portion of text, a handheld display System, Such as the 
Pronto TM, can display the text at the appropriate time. 
0090 The text may be displayed on a screen in a variety 
of fashions, to improve readability, aesthetics, or entertain 
ment. For example, Sentences may be word-wrapped So that 
they are easier to display, text may be overwritten as new 
lines appear, or the Screen may be cleared every N lines, 
depending on the Screen size. There are also ways to 
word-wrap text from the bottom of the screen to the top. For 
example, the Screen may be split into two halves, top and 
bottom, that are alternately refreshed. This allows the viewer 
to see the end of the previous half-page, while Viewing the 
current half-page. Although it is possible to have a moving 
scroll of text, this is often difficult to read on displays. 
0091. It is also contemplated that, in songs having lyrics 
Sung by both a male and a female, a distinction may be made 
between the particular words that are Sung by a male and 
those that are Sung by the female. Thus, upon display of the 
lyrics, an indication, Such as a font or color change, may be 
made on the display device to alert the male or female about 
when it is his or her turn to sing (e.g., in a Karaoke situation). 
0092 Alternatively, logical pauses (such as after a period 
or comma) may have a “newline” (or carriage return) 
character appended automatically. For a period, two new 
lines may be entered to indicate the end of a Sentence, which 
for Songwriting is also often the end of a verse. In parser 
technology, Such formatting may be detected, thereby facili 
tating the correct insertions and formatting. 
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0093. Non-word items (such as pictures) may also be 
provided for display. Non-word items will be appropriately 
displayed based on the timing of the rest of the text. 
Alternatively, if special detection is available (Such as drum 
detection) then special non-word identifiers (e.g., a picture 
or animation of a drum) or specialized phrases Such as 
“drum Solo' may be displayed. 
0094) Further, words may have special sounds, pictures, 
animations or Videos interspersed with them. These Special 
“non-word' items may be generated as part of the formatting 
So that every time a “key word” is detected, a particular item 
may be inserted. For example, whenever the word “girl' is 
used, a picture of a girl is shown in time with the word. The 
non-word item may replace the key word or may be dis 
played in addition to the word. 
0.095 Many other presentation methods may be envi 
Sioned by one having ordinary skill in the art. 
0096. As shown in FIG. 13, the Philips Pronto TM display 
180 is capable of displaying six lines of text 182. Therefore, 
for the Pronto TM, a full verse at a time may be displayed. 
Blank lines fill the end of the Screen. 

0097 Utilization of handheld display devices, such as the 
Pronto TM display, makes it possible to display the text of a 
Song on multiple devices in a Synchronous manner to permit 
two or more people to follow the text of the audio. In this 
embodiment, each Synchronized device may receive a “go' 
message from a device that is operating as a Server. Alter 
natively, the Server may send the text and timing to all other 
Synchronized devices, dynamically, So that the other Syn 
chronized devices do not have to store the text, thereby 
Saving valuable memory Space. 
0.098 Referring now to FIG. 14, a flow diagram is shown 
illustrating a method of Synchronizing text and/or visual 
information with audio playback in accordance with the 
present invention. In Step 1405, the user Selects a Song title 
from a list of Songs stored within memory in the handheld 
device. The selection may be transferred from the user to the 
handheld device Via, for example, the depression of a button 
or by a touch-Sensitive Screen. Alternatively, it is also 
contemplated that the user may select "random' as the 
Selection, whereupon the System will Select random Songs 
within the Set of known Songs. The random Selection may 
use a random number generator to Select different Songs, one 
at a time. This may Substitute for the user's input at this step 
until the user Stops or resets the System. 
0099. A processor within the handheld device processes 
the request from the user and sends a signal (e.g., an infrared 
Signal) to a remote device. The signal instructs the remote 
device to tune to the desired audio track corresponding to the 
desired Song chosen by the user. Alternatively, if the remote 
device does not have the ability to tune to a specific desired 
audio track automatically (e.g., proceed to track 5), then the 
handheld device will Send a Signal to the remote device to 
reset the remote device. That is, the remote device will be 
instructed to shut down, restart, and then count up to the 
desired track. This Step ensures that the remote device is 
synchronized with the handheld device. 
0100. It is contemplated that one or more files may be 
loaded onto and Stored in a single handheld device. The 
handheld device will have the capability to sort the files by 
name, classification, Subject, date or other criteria. Loading 

Nov. 7, 2002 

of the files into the handheld device may occur by docking 
the device or otherwise communicating via wire or wireleSS 
technology as is known to one having ordinary skill in the 
art. 

0101. Once the remote device arrives at the desired track, 
a play Signal is sent by the handheld device to have the 
remote device actually start playing the Selected Song. AS 
indicated in step 1415, after a brief delay to permit the 
remote device to actually Start playing the Selected Song, the 
handheld device will begin displaying text Synchronously 
with the audio version being played on the remote device. 
0102) Step 1420 is an initialization step wherein the 
handheld device is checked to determine whether there are 
any text lines available to be displayed, the display line 
counter is Set to Zero, and the number of display lines is Set 
to N. Next, in step 1425, the title of the desired song is 
displayed. 
0103) In step 1430, a check is made for the existence of 
additional text segments. If no additional text segments exist 
for display purposes, the method is ended, as indicated by 
step 1435. If there are additional text segments to be 
displayed, the method proceeds to step 1440 wherein the text 
Segment and the associated delay time (timestamp) are read. 
In steps 1445 and 1450, if the delay time is greater than Zero, 
the method will wait while the delay time is run. During this 
delay time, the text will be displayed on the screen of the 
display device. 
0104. Once the delay time has elapsed, all of the display 
lines will be cleared from the Screen and a display line 
counter will be reset to zero, as indicated by steps 1455 and 
1460, respectively. 
0105. If the delay time is equal to zero in step 1445, the 
method will proceed directly to steps 1465 and 1470 
wherein the line counter is displayed and incremented. 
0106 Finally, in step 1475, a determination is made as to 
whether the last text segment has been reached. If the last 
text segment has been reached, the method proceeds to Step 
1480 which indicates that there is no more text available. 
From step 1480, the method performs another check to 
determine whether text is available in step 1430. Since no 
additional text is available, the answer to the question in Step 
1430 is no and the method will end at step 1435. 
0.107) If, instead, the last text segment has not been 
reached, and therefore the answer to the question posed in 
Step 1475 is no, the method will commence again beginning 
at step 1430. 
0108. Although the illustrative embodiments of the 
present invention have been described herein with reference 
to the accompanying drawings, it is to be understood that the 
invention is not limited to those precise embodiments, and 
that various other changes and modifications may be 
affected therein by one having ordinary skill in the art 
without departing from the Scope or Spirit of the invention. 
For example, features Such as a marker (e.g., a bouncing ball 
or musical note) may be added to the display to indicate the 
current place in the text, or the text could be displayed in a 
variety of languages. Additionally, the timestamped text may 
be made available for other users, Such as, e.g., on the 
Internet. All Such changes and modifications are intended to 
be included within the scope of the invention as defined by 
the appended claims. 
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What is claimed is: 
1. A method of Synchronizing visual information with 

audio playback, comprising the Steps of: 
receiving a user Selection of a desired audio file; 
initiating play of the desired audio file; and 
displaying Visual information associated with the desired 

audio file on a display device in accordance with 
timestamp data Such that the visual information is 
displayed Synchronously with the playing of the 
desired audio file, wherein the commencement of play 
ing the desired audio file and the commencement of the 
displaying Step are a function of a signal from the 
display device. 

2. The method as recited in claim 1 wherein the Signal 
comprises an infrared Signal. 

3. The method as recited in claim 1 wherein the display 
device comprises a handheld device. 

4. The method as recited in claim 1 wherein the Signal 
turns the remote device off and on prior to the remote device 
playing the desired audio file. 

5. The method as recited in claim 1 further comprising the 
Step of analyzing the audio file and generating timestamp 
data corresponding to the Visual information associated with 
the audio file. 

6. The method as recited in claim 5 wherein the timestamp 
data is generated utilizing a text based process. 

7. The method as recited in claim 5 wherein the timestamp 
data is generated utilizing a pronunciation dictionary pro 
CCSS. 

8. The method as recited in claim 5 wherein the timestamp 
data is generated utilizing a note transcription of music 
proceSS. 

9. The method as recited in claim 5 wherein the timestamp 
data is generated utilizing tempo information extracted from 
music. 

10. The method as recited in claim 5 further comprising 
the Step of comparing a location of a keyword extracted from 
the desired audio file with an actual location of a keyword 
within the timestamp data and adjusting the location of the 
extracted keyword to match the location of the keyword 
within the timestamp data. 

11. The method as recited in claim 1 wherein the visual 
information comprises text lines. 

12. The method as recited in claim 1 further comprising 
the Step of displaying a title of the desired audio file on the 
display device. 

13. The method as recited in claim 1 wherein the selection 
is from a list Stored in memory associated with the display 
device. 

14. The method as recited in claim 1 wherein the selection 
is performed by a random number Selection method. 

15. The method as recited in claim 1 further comprising 
the Step of Sending a Signal from the display device to a 
remote device to cause the remote device to Start. 

16. A method of synchronizing visual information with 
audio playback, comprising the Steps of: 

extracting at least one acoustic feature from audio data; 
detecting pauses within the audio data; 
Segmenting the audio data into at least one Segment in 

accordance with the at least one acoustic feature and 
the pauses, 

generating at least one timestamp value associated with 
the at least one Segment; 
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assigning the at least one timestamp value to the at least 
one Segment Such that each Segment may be displayed 
Synchronously with the audio playback, and 

displaying the at least one Segment Synchronously with 
the audio playback. 

17. The method as recited in claim 16 wherein the at least 
one Segment refers to lyrics of a Song. 

18. The method as recited in claim 16 wherein the 
distinguishing Step includes a differentiation between Seg 
ments intended to be Sung by one of the male gender and the 
female gender. 

19. The method as recited in claim 16 further comprising 
the Step of providing an indication of a tempo of the Visual 
information corresponding to the audio playback. 

20. The method of synchronizing visual information with 
audio playback as recited in claim 16 wherein the pause 
detection Step separates the audio data into Voice Segments 
and non-voice Segments. 

21. A method of generating timestamp data, from an audio 
Source comprising the Steps of: 

extracting voice and non-voice data from Said Source; 
analyzing the Voice and non-voice data to identify 

Selected information in the Voice and non-voice data, 
the Selected information providing a basis for generat 
ing timestamps, and 

generating timestamp values associated with each of the 
Selected information. 

22. The method of generating timestamp data as recited in 
claim 21 wherein the analyzing Step includes the Step of 
dividing the Voice and non-voice data into Separate Seg 
mentS. 

23. An apparatus for Synchronizing visual information 
asSociated with audio playback, comprising: 

a feature extraction device for extracting acoustical fea 
tures from audio data; 

a pause detector device for detecting pauses in the audio 
data; 

a classifier device for parsing a continuous bit-Stream of 
audio data into different non-overlapping Segments 
Such that each Segment is homogenous in terms of its 
class, and 

a timestamp device for assigning timestamp values to 
each Segment. 

24. An apparatus for Synchronizing visual information 
asSociated with audio playback, comprising: 

a memory; and 

a processor configured to receive a user Selection of a 
desired audio file, initiate play of the desired audio file; 
and display visual information associated with the 
desired audio file on a display device in accordance 
with timestamp data Such that the Visual information is 
displayed Synchronously with the playing of the 
desired audio file, wherein the commencement of play 
ing the desired audio file and the commencement of the 
displaying Step are a function of a signal from the 
display device. 


